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ABSTRACT
An innovated design for the automotive subwoofer system is proposed where the
rear glass functions as the dynamic driver of the subwoofer system. The rear glass is
mechanically excited using two piezoelectric actuators located along the bottom edge.
The glass is fixed along the top and is free to move along the other three sides. The
actuators exert a force perpendicular to the glass surface which is proportional to the low
frequency input signal taken from the audio system.
A study was undertaken to evaluate and compare the acoustic performance and
characteristics of the rear glass subwoofer system relative to a conventional subwoofer
system. Acoustical properties including frequency response, total harmonic distortion,
and loudness are characterized and compared for both subwoofer designs. A subjective
evaluation was conducted to correlate with objective measurements.

An evaluation

procedure suitable for evaluating the glass subwoofer system performance is
recommended for future implementation.
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CHAPTER I
INTRODUCTION
Along with modern technology and the competitive nature of today’s automotive
industry, the demand for sound quality has become paramount. The need for sound
quality now influences both the strategy of auto-makers and the customer perception of
the overall quality of the vehicle. Due to the complexity and versatility of a vehicle
cabin, considering numerous noise and vibration sources, many challenges need to be
overcome in order to refine the acoustic comfort of today’s vehicles. While primarily
focusing on the reduction of the overall interior noise and vibration within the vehicle
cabin, NVH engineers have now recognized the importance of vehicle acoustical package
and audio system. An accurate representation of a produced sound becomes an important
factor of consideration for a more enjoyable listening experience and overall consumer
appreciation.
In more recent years, much design effort is being directed towards the
development and tuning of high-end automotive audio systems [1].

Various audio

components including the radio head unit, separate amplifiers and premium loudspeakers
are engineered to produce high quality level of audio performance.. Among others, the
most significant component in premium audio systems, which greatly contributes to the
overall listening experience, is the audible low frequency component of the subwoofer
system.
Some background on the subject of different subwoofer systems is presented in
the following text.
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1.1

Conventional Subwoofer
A subwoofer is an electro-acoustic transducer which translates an electrical

energy into sound and is dedicated for low audio frequencies or “bass”.

The first

subwoofer was introduced in the 1960’s in order to add the low frequency content to
home stereo systems and to enhance the sound performance. It became popular in the
1970’s with the introduction of “Sensurround”. Later in the 1980’s and 1990’s, with the
introduction of compact cassette and compact disc technology, reproduction of low
frequency content was no longer limited by the capability of phonograph record stylus to
track the groove [2]. This created a great opportunity for music producers to add more
bass to the recordings, and there was an increase in the demand for subwoofers. By the
beginning of the 21st century, subwoofers became increasingly popular in aftermarket car
audio systems and almost a standard sound reinforcement component in nightclubs and
concert venues.
Conventional subwoofers vary in size, weight, power consumption and frequency
range. Based on product information from leading automotive audio system companies,
automotive subwoofers are typically rated for a frequency range of 20 Hz to 100 Hz and
some as high as 200 Hz. The reality of these manufacturer’s specifications may vary
depending on the vehicle cabin design and enclosure volume for where the subwoofer is
installed which is usually the luggage compartment. Based on the experimental analysis
conducted in this study, frequencies above approximately 110 Hz are not desired if the
intent of the subwoofer is to reproduce accurate bass without sound leakage from the
vocals and other higher-pitched frequencies. The diameter of the subwoofer can also
significantly contribute to the capable frequency range of the speaker with a larger

2

diameter speaker being capable of generating lower frequencies.

For automotive

applications, factory installed subwoofers usually range in size from 8 inches up to 10
inches with aftermarket automotive subwoofers being up to 15 inches in diameter. The
packaging of large subwoofers can impose significant restrictions on the vehicle interior
design, particularly for compact and medium size vehicles. With an increase in speaker
size comes also an increase in weight. Automotive subwoofers can weigh up to 20 lbs
which can attribute to increased fuel consumption of the vehicle.

Large dynamic

speakers may also consume relatively large amounts of electrical power requiring large
external amplifiers. Given the significance of electric power consumption in electric and
hybrid vehicles, the addition of such large subwoofer drivers to car audio systems can
add additional electrical loads to such vehicles.
The conventional automotive subwoofer system is comprised of one or more
dynamic drivers as illustrated in Figure 1.1 with the controlled excursion of the
diaphragm, or cone, being the significant contributor to the quality of the acoustic output.
However, as the driver moves outward during large excursions, the voice coil can often
be extended out of the magnetic gap thereby causing a drop of magnetic force. This can
have negative audio effects with less control of the voice coil which can cause the
subwoofer to sound sloppy and introduce high levels of distortion into the acoustic
output.

3

Surround
Diaphragm

Spider

Frame

Magnetic system
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Figure 1.1 – Conventional Subwoofer Cross-section
It is due to the inherent disadvantages of the conventional subwoofer system which
demonstrate the merits of an alternative subwoofer design. Specifically, a design with
significant weight savings, lower power consumption and having less negative impact on
vehicle fuel consumption is discussed. This alternative design uses the glass of the
vehicle as the dynamic driver for the vehicle’s subwoofer system.
1.2

Glass Subwoofer
The glass subwoofer system is an innovative approach to generating the audible

low frequency sound in an automotive audio system. The operating concept is based on
piezoelectric actuated exciters which serve as the dynamic driver for the windshield or
rear glass of the vehicle. The use of piezoelectric actuators to excite a vehicle’s glass to
produce low frequency sound is novel.

However, the technology of piezoelectric

actuators has been used for the generation of high frequency sound for other applications.
Due to the output amplitude limitations of the piezoelectric elements they are typically
used in low cost high frequency applications such as electronic beepers as well as less
expensive speaker systems including computer speakers and portable radio tweeters.
Examples of patents involving piezoelectric technology applications are given in the
literature survey section. Several patents for piezoelectric loud speakers for automotive
applications are also introduced in the literature survey section, but none of them
4

incorporate a glass panel of the vehicle as the sound source. It is also necessary to note
that all of the proposed design solutions target either middle or high frequencies but not
the bass frequencies.
For this investigation, two exciters are mounted along the bottom edge of the rear
glass of a Chrysler 300 sedan as illustrated in Figure 1.2. The glass is fixed along the top
edge and is free to move along the other three sides which are sealed using a special
dynamic seal which allows for the movement of the window. The exciter is comprised of
a piezoelectric element laterally compressed in a fishbone spring structure as shown in
Figure 1.3. When an electrical signal is supplied to the piezoelectric element, it expands
laterally and forces the spring system to push against the rails of the actuator. Since the
base rail is mounted on the vehicle structure, the upper rail rises up and down, exerting an
oscillating force perpendicular to the glass surface which is proportional to the low
frequency input signal taken from the audio system. In order to drive the piezos the
signal is amplified by a piezo amplifier. The careful design of the piezo amplifier is
necessary for optimized actuator performance. Due to the relatively small size, the
packaging of the piezoelectric exciters has little negative impact on vehicle cabin space.
The lower mass of the exciter system compared to a conventional subwoofer also results
in better vehicle fuel consumption for the vehicle. The required power consumption to
drive the glass subwoofer system is also a fraction of the demand of a conventional
subwoofer.
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Figure 1.2 – Rear Glass Subwoofer System [Courtesy of Magna Exteriors and Interiors
Division]

Figure 1.3 – Piezoelectric Actuated Exciter [Courtesy of Magna Exteriors and
Interiors Division]
1.3

Objectives
The research objectives of this study are as follows:
•

Investigate the effect and evaluate the contribution of the glass subwoofer system
on vehicle interior sound quality

•

Compare the glass subwoofer system to a conventional subwoofer system and
obtain relationships between objective measurements and subjective evaluations
of both systems
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•

Develop a standard testing procedure suitable for the measurement and evaluation
of the glass subwoofer system acoustic properties
As this research explores the novel idea of utilizing the rear glass as the driver for

the vehicle’s subwoofer system, different measuring and evaluation techniques are used
in order to develop a standardized testing guidelines to be used to rate the system.
Physical indices of sound including basic signal analysis, level and spectrum, frequency
response and total harmonic distortion are implemented together with more aurally
adequate indices including binaural loudness and subjective response.

The vehicle

selected for this work is a full size Chrysler 300 sedan equipped with both the baseline
glass subwoofer system and upgraded conventional factory installed subwoofer system.
The intent is that any guidelines provided in this work can be easily implemented in any
vehicle type and model for successive estimate of glass subwoofer impact on vehicle
interior sound quality.
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CHAPTER II
REVIEW OF LITERATURE
Presently, no published studies on the acoustical performance of the glass
subwoofer technology have been found in the literature. There are also no published
studies on the comparison of the glass subwoofer versus the conventional subwoofer
technology for in vehicle applications. Therefore, the following literature survey was
undertaken in order to investigate the fundamentals of the automotive audio system and
to understand the available measurement methods in order to quantify and compare the
sound characteristics of the automotive subwoofer systems under consideration.
Ultimately, the goal of the literature survey is to select the relevant and applicable
analysis methods to compare the acoustical performance of the conventional and the glass
subwoofer technologies for in-vehicle applications. Any testing methodology would be
applied to both subwoofer systems. Lastly, it is important to acknowledge that the glass
subwoofer system incorporates alternative technologies, which are different from a
conventional subwoofer system. As such, some common electroacoustic measurements
such as electrical impendence are omitted from any analysis.
This chapter describes the historical background related to the automotive audio
system development. This is followed by a review of publications on the subject of
piezoelectric technology for automotive applications. Next, the applicability of typical
electroacoustics measurements for loudspeaker performance specification is discussed as
it relates to this study. The theories of psychoacoustics analysis, including loudness
metric analysis, and subjective evaluation, are introduced and described as potential
methods of comparison between the two subwoofer systems. The next section is a
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summary of a publication describing component level analysis in terms of the
contribution of the various sound sources to the receiver at the ear of the listener inside a
vehicle, with special emphasis to the vehicle audio system. Although the component
level analysis is not a subject of this study, the methods described in this publication
serve as a suggestion for future work, or next steps, related to the future development and
improvement of the glass subwoofer technology, and for that reason its inclusion in this
literature survey is justified. Lastly, a literature survey of monaural and binaural vehicle
interior measurements is presented in order to assess the potential contribution of each in
the evaluation of the subwoofer systems considered in this study.
2.1

Automotive Audio System Development
In this section, the historical background of subwoofer design and specifications

are discussed as they relate to the conventional subwoofer used for automotive
applications.
2.1.1

Historical Background

The roots of the automotive audio system go back to the 1930’s. The first to
introduce an in-vehicle car radio were the Galvin brothers [3]. They named their system
“Motorola” which was derived from words “motor” meaning motion and “ola” meaning
sound. The first car speaker was only one centre speaker located in the dashboard. Soon
after, other companies from around the world, including the German company Blaupunkt,
began to develop automotive stereo systems [4]. Significant development was achieved
in the early 1950’s with the introduction of FM stereo broadcast and the launch of radio
systems with more than just one loudspeaker. These loudspeakers were simply home
audio speakers simply installed in the vehicle. The problem with this was that they were
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not well suited for the vibration and temperature conditions within the vehicle and further
development was necessary to adapt speakers to such extremes. Advancements in the
electrical system, including switching from 6.3 V to 12 V vehicle batteries, allowed for
the further development of automotive radio systems and the introduction of first 16 2/3
RPM disc players by Motorola in 1956 [3]. A few years later the 45 RPM record player
was introduced followed by the 4 track tape player which became the first commercially
available car stereo system. In a quest to develop a more powerful audio system, Jim
Fosgate manufactured in 1978 the first 12 V amplifier for use in a car stereo system. Not
long after in 1983, Zed Audio developed a 200 W per channel amplifier.

These

advancements led to the integration of low frequency loudspeakers called subwoofers
into a vehicle audio system. Bass reproduction became one of the most significant
differences between low-cost and premium audio systems. Throughout the last three
decades, automotive subwoofer systems went through continuous improvements and
modifications of its original design while still sustaining its primary components. Design
and specifications of typical automotive subwoofers are discussed in the next section.
2.1.2

Automotive Subwoofer Design and Specifications

Subwoofer systems are intended for limited low frequency range (20 Hz – 200
Hz), and as such, they require careful design consideration. In order to accurately
reproduce low frequencies without distortions caused primarily by unwanted resonances,
subwoofers must have a solid well braced construction. Better subwoofer systems are
typically quite heavy and include power amplifiers with additional controls relevant to
the low frequency reproduction [5]. These amplifiers can be either active built in the

10

subwoofer system, or passive external amplifiers. A typical subwoofer system design is
shown in Figure 1.1 of Chapter 1.
The diaphragm, or cone, is connected to a stiff frame through a flexible
suspension system which consists of a spider and surround [5]. The spider, or damper,
provides a restoring force and functions as a voice coil and cone centering mechanism
through its range of travel. Additional control is provided by the surround which greatly
contributes during the long subwoofer excursions. Attached at the bottom of the cone is
the voice coil which extends into the magnetic gap between magnets and the pole piece.
When an electrical signal from the amplifier is fed to the voice coil, it becomes an
electromagnet which interacts with the speaker driver’s magnetic system. Mechanical
force is then generated which causes the voice coil to move the diaphragm axially back
and forth, thus disturbing the immediate air pressure and producing a sound [5]. The
subwoofer’s excursion which is visually seen as cone extensive displacement inward and
outward, together with the driver diameter, is a primary contributor to high acoustic
output in any conventional driver on the market [5].
In order to rate a subwoofer system, general electrical, mechanical and acoustical
characteristics are selected and include [6]: subwoofer system weight (lb), size of the
driver (in), electrical impedance (Ω), rated power (W RMS), sensitivity (dB at one meter
distance and 1W RMS input), frequency response (dB at Hz), and total harmonic
distortion (%).
Rated power, defined as the maximum power that a subwoofer can handle before
being damaged, will usually range between 50 and 400 W RMS for a premium
subwoofer system. This information is based on data from the leading automotive audio
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system companies and the fact that a maximum available power of 500 W for in-car
sound systems is limited by the alternator output [7]. It should be stated that this is not a
true measure of the sound output which a subwoofer can produce. Further, the speaker
driver can be damaged at much less rated power if driven extensively beyond its
mechanical limits, especially at very low frequencies. This measure is omitted from the
comparison of the two subwoofer systems involved in this study as they incorporate
different electromechanical concepts.
The sensitivity, or speaker efficiency, is defined as the sound pressure level
generated by a speaker and measured under the free-field conditions one meter away
from the source at 1 watt RMS power input at selected frequencies. Studies have shown
that a speaker rated 3 dB more than another requires only half of the rated power for the
same output [6]. Premium automotive subwoofer sensitivities range anywhere between
85 dB and 95 dB at 1W RMS. Since these measurements are conducted at 1 W RMS
power under free field conditions [8], this specification will not be used for in-vehicle
testing and comparison of two different subwoofers of interest.
Frequency response characterizes a speaker’s output for the constant input level
over the frequency range of interest. As mentioned in the introduction, the typical
frequency range of an automotive subwoofer based on the specifications provided by the
leading automotive audio system companies is between 20 Hz and 200 Hz, although
these figures may vary for in-vehicle measurements as is the case in this study [5]. The
frequency response specifications should be supported by the corresponding graphs to
adequately characterize the response.
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Total harmonic distortion is an optional specification sometimes included on a
subwoofer label.

This metric is quite important because it describes a non-linear

behavior of the subwoofer system output.
2.2

Piezoelectric Technology and Automotive Applications
Piezoelectric technology incorporates crystalline materials which deflect and

change shape when a voltage is applied to it. These materials tend to perform well under
a compressive load, but are weak and break when subjected to a tensile load. These
materials are quite often used in low cost, high frequency applications that do not require
high output levels.

Typical examples of piezoelectric components used for sound

production purposes are found in the patent, Piezoelectric Acoustic Speaker System, 1976
[9] by Kinoshita. The inventor introduced a piezoelectric speaker comprised of the
piezoelectric diaphragm enclosed in a cylinder with multiple vibrating regions. The
purpose of this invention was to present a piezoelectric speaker which is capable of
altering the directional characteristic of sound. Kumada et al. disclosed in his patent,
Transparent Flat Panel Piezoelectric Speaker, 1982 [10] the integration of a transparent
flat panel mounted to a piezoelectric actuator to produce high frequency sound in
watches.

Another example of utilizing piezoelectric drivers to produce mid/high

frequency sound outputs can be found in Piezoelectric Speaker, 1990 [11] by Takaya.
The application of multiple piezoelectric elements used to drive a flexible panel and
produce high intensity sound outputs under extreme environments is demonstrated in
patent Piezoelectric Panel Speaker, 1993 [12] by Shields.
There are also several attempts in the automotive industry to incorporate the
piezoelectric technology into automotive sound systems. For example, the patent, Piezo
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Speaker for Improved Passenger Cabin Audio Systems, 1999 [13] by Parrella et al.,
introduced piezoelectric actuators mounted on the vehicle structure, door panels, roof,
and deck lid. This proposed solution was intended for mid and high frequency range
sound. In his patent, Vehicular Loudspeaker System, 2003 [14] Warnaka proposed the
use of piezoelectric actuators within the headliner and trim components to generate mid
to high frequency sound. The utilization of multiple piezoelectric actuators within the
headliner is also found in the patent Vehicular Audio System and Electromagnetic
Transducer Assembly for Use Therein, 2006 [15] by Emerling et al.

Since no

amplification is used for the actuators excitation, the displacement amplitude is low and
limited to mid and high frequency sound.
2.3

Electroacoustic Measurements for Loudspeaker Performance Specification
Typical loudspeaker performance specifications are based on electroacoustic

measurements at a one meter distance from the loudspeaker axis in free field [8]. Such
electroacoustics measurements cannot be fully utilized in this study given that the rear
glass subwoofer system is an integrated part of the vehicle, and as such, incapable of
being tested separate from the vehicle under free field conditions.
The two most common electroacoustics parameters are the frequency response
and total harmonic distortion. These two parameters describe the dynamic behaviour and
linearity of the subwoofers under the consideration and as such will be used in this study
[16].
2.3.1

Frequency Response

In the automotive industry, frequency response measurements are commonly
performed for various combinations of vibroacoustic inputs and outputs and are not
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strictly associated with loudspeakers and electroacoustics measurements. Several studies
used frequency response as a performance parameter for the conventional automotive
subwoofer [16, 17, 18]. There are no published studies dealing with the frequency
response of the automotive glass subwoofer system.

Therefore, for this study the

frequency response is used as an objective analysis method for evaluating and comparing
the performance of the conventional and the glass subwoofer system.
2.3.2

Total Harmonic Distortion

Studies have shown that the sensitivity of human hearing to nonlinear woofer
distortions is around 5% for real signals [19]. A typical automotive subwoofer system
commonly produces up to 10% total harmonic distortion [20]. This type of distortion is
tightly related to trim and panels which are the main contributors of sound distortion
inside the vehicle cabin [16]. The rear glass of the rear glass subwoofer system may
potentially behave as one of these panels.

Therefore, the total harmonic distortion

appears to be a relevant objective performance parameter that would eventually be used
in this study to evaluate and compare any non-linear behaviour of the two subwoofer
systems.
2.4

Psychoacoustics
Psychoacoustic is the science of the human perception of sound. It involves not

only the physical science of acoustics but also a psychology of human hearing.
Psychoacoustics employs metrics which provide a more meaningful insight of sound as
perceived by humans [21].

At this time there are no published studies on the

psychoacoustic evaluation of automotive subwoofer systems based on any of the
currently available psychoacoustic metrics.
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This section provides an overview of

literature related to the most common psychoacoustic metric loudness. The description
of the development of loudness in this section is significant because it uncovers its
applicability for the purpose of evaluating vehicle interior sound quality of the two
automotive subwoofer designs considered in this study. This will potentially provide a
more detailed insight into the effects of this vehicle system on the interior vehicle sound
quality as perceived by an automotive customer. The same argument applies to any
subjective evaluation of the two subwoofer systems.
The roots of the psychoacoustics doctrine start in early 1930’s with the first
known paper on sound perception presented by Fletcher and Munson [22]. The area of
psychoacoustics becomes well established by the 1950’s, and it gained a high attention in
the last decade. Two major techniques utilized in the psychoacoustic evaluation of sound
are: the use of objective metrics such as loudness to estimate sound perception by the
listener, and the subjective evaluation where the listener’s subjective opinion is used to
describe the characteristics of perceived sound.

There are many objective metrics

developed to date, but only loudness will be discussed here since other psychoacoustic
metrics such as sharpness, roughness, etc. do not have a significant association with this
type of low frequency sound.
2.4.1

Loudness

According to Zwicker [21], loudness is a metric which closely matches the
perceived intensity of a sound.

Since the first notable introduction of loudness by

Fletcher and Munson [22] in 1933, there has been extensive research and steady progress
in the understanding of the loudness model. It has been defined through experiments that
the loudness level of a sound is equal to the sound pressure level (SPL) of a 1 kHz tone.
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Perhaps one of the most significant contributions to understanding the relationship
between perceived loudness and sound pressure level is the creation of the equal
loudness-level contours by Stevens in 1956. These curves have since been improved and
are given as ISO 226: 2003 [23] as different models have been proposed and
standardized. Another noteworthy improvement in loudness characterization was made
by Zwicker which involved the use of critical bands where frequency is defined in
“Barks” as opposed to “Hertz”. It is important to note that the bark scale corresponds
linearly to the Hertz scale for lower frequencies up to approximately 500 Hz [21]
meaning that the bandwidth is constant at 100 Hz (1 Bark = 100 Hz, 2 Bark = 200 Hz.,
etc.). Table 2.1 illustrates the relationship between “Bark” scale and “Hertz” scale.

Table 2.1 – Critical Band Rate According to Zwicker and Fastl, 1990 [21]
Critical Band
[Bark]
0
1
2
3
4
5
6
7
8
9
10
11

Centre Frequency
[Hz]
0
100
200
300
400
510
630
770
920
1080
1270
1480

12

1720

Critical Band
[Bark]
13
14
15
16
17
18
19
20
21
22
23
24
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Centre Frequency
[Hz]
2000
2320
2700
3150
3700
4400
5300
6400
7700
9500
12000
15500

2.4.1.1

Equal Loudness-Level Contours

Given that sound is not perceived equally across the entire audible frequency
range [21], equal loudness level contours are developed based on the experimental data to
account for these differences. Figure 2.1 below illustrates equal loudness level contours.

Figure 2.1 – ISO 226:2003 Equal Loudness-Level Contours [23]

2.4.1.2

Binaural Loudness

In order to evaluate the sound characteristics, the human auditory system employs
two receivers; the left and the right ear. This allows for not only identification of sound
sources, but also their localization in the tridimensional field [24]. Binaural loudness can
be described as an additional step involved in loudness calculation for more precise
estimate of perceived sound characteristic.

According to Noumura [24], each ear

receives a different sound pressure signal from each different source. In his paper
Noumura explains that humans localize a sound image based on the differences in
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amplitude and phase at each ear. It is necessary to calculate the loudness level at both
ears and to account for simultaneous masking effect which is calculated based on the
centre frequency and sound pressure level at each critical band for both ears. These
values are further summed together via binaural add method, described in [24], and
binaural loudness is calculated.
2.4.2

Subjective Evaluation and Paired Comparison

A well known set of guidelines for acoustical subjective evaluation in the
automotive industry was published by Otto [25]. A selection of a long list of best
practices learned from the experience of automotive NVH engineers over the years are
summarized in this section. These guidelines were followed in the subjective evaluation
component of this study.
Subjective evaluation is a vital factor for assessing a product’s competitiveness.
It is the final stage of sound quality evaluation and it involves a group of jurors in a
listening test. The test must be conducted through the entire design process with the
greatest care and accuracy. Several critical aspects involved in subjective testing may
then be generalized and put into practice.
One area of concern is the proper selection of the testing environment. The
environment must be carefully selected and be free of excessive background noise or any
other sources influencing the evaluation procedure. Besides permissible ambient noise,
there are many factors which can affect the juror’s preference during a test including the
room’s acoustics, ambience, temperature, and humidity, and as such they each need to be
addressed.
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The selection of jurors also plays an important role in the proper execution and
desirable outcome of the subjective test. Listeners must be carefully chosen for their
demographic position, economic status and the probability that they are potential
customers to the product under test. It is desired that jurors be trained or at least familiar
with the product to some extent. The appropriate number of jurors can range anywhere
between 25 to 50, mainly depending upon the time constraints and the availability of the
subjects.
Adequate presentation of the evaluated sounds or systems, as well as the proper
specific instructions given to the listeners, is necessary to warrant consistent and valid
test results. Studies have shown that subjective evaluations are best done blind [26],
since listeners with certain brand preferences tend to rank those systems as better in
sound quality despite various audible shortcomings [27].
Two methods of subjective evaluation can be utilized; semantic differential test,
in which each recording is rated on an absolute scale, or paired comparison testing in
which sound of preference is to be chosen. A paired comparison method was chosen for
this study due to its simplicity and the fact that only two sound sources with limited
frequency range are compared.

Another reason for choosing this method is its

effectiveness when employing untrained jurors. The paired comparison technique allows
the listener to be presented with a sequence of pairs of sounds where the listener has to
decide on the sound of preference.
The final step involves the process of the validation of the test results and
correlation of the objective matrices with the subjective preferences. Several different
correlation techniques such as linear regression can be utilized to obtain confident levels
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of relationship between objective and subjective indices. Data plots of “Actual versus
Predicated” values or scatter diagrams are usually used to present and validate the results.
2.5

Transfer Function Model of Automotive Audio System
The acoustic of a vehicle cabin is characterized by a combination of materials

with different acoustic properties, reflecting surfaces and relatively small air volume.
Sound reflections in such enclosure can significantly contribute to the direct signal of a
sound at its early stage of propagation and will have a negative effect on its colouration
[17]. Employing proper techniques, near-field measurements can provide meaningful
comparison of acoustic quantities independent of vehicle interior environment [18].
However, not to acknowledge the effect of the room acoustics and associated influence
on a subwoofer performance would be short-sighted. Having in mind that the complex
design of a vehicle cabin corresponds neither to a free field nor a diffuse field, it is
necessary to investigate and point out all possible sources of sound contamination on its
path from the source to the receiver. In other words, it is necessary to define a transfer
function model of the automotive audio system. “The relationship that exists in the
steady state between the output signal and the input signal of a two-port device is called
the transfer function” [28].
The first transfer path (T1) is the electronics of an audio system with its frequency
response, loudness curve and distortion characteristics [29]. For this study T1 is not of a
major concern since the same head unit is used for both subwoofer systems’ comparison.
The second transfer path (T2) corresponds to the loudspeaker, in this case subwoofer, and
its wiring harness [30]. The loud speaker alters the input signal in such a way that its
frequency response is never perfectly flat, especially in vehicle measurements. The next
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transfer path (T3) is the mixture of the trim and panels that the loud speaker is attached
to. As stated earlier this transfer function is one of the primary contributors to sound
distortions inside the vehicle. It adds “rattle” and “buzz” noises which correspond to dips
and peaks in the frequency response measurements [29]. The following transfer path
(T4) includes mounting brackets, grills and accompanying cavities. T4 also alters the
sound and causes distortions in the loud speaker output. Both T3 and T4 merge into the
room acoustic of a vehicle cabin which is the transfer path T5. It represents a sound
package of the vehicle cabin including interior dimensions and surfaces all made up from
different materials with dissimilar absorption and diffusion characteristics. Taking into
account the listener’s close proximity to the reflective surfaces, an important extension to
T5 is the location of the listener himself, or transfer path (T6). It confines the effect of
room acoustics between the source, loudspeaker, and the receiver, listener. The next
transfer path (T7) is the listener himself who also contributes to the overall acoustic
result. The presence of body, especially the shadowing effect of the head and ears,
modifies the sound field [31]. This is one of the reasons why it is recommended to use
head and torso simulator for aurally correct measurements. The last and optional transfer
path is the ear pinna shape (T8). Since being specific to each individual, it is usually
omitted from the sound system transfer function model.
2.6

Summary
The literature survey presented in this chapter summarizes the present state-of

the-art

dealing

with

automotive

subwoofer

system

acoustical

performance

characterization, including its frequency response, total harmonic distortion, loudness and
subjective analyses. There are presently no published studies related to the acoustical
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performance of the automotive glass subwoofer system, an alternative green technology
when compared to the conventional automotive subwoofer system. Therefore, the results
presented in the following chapters address this shortcoming by presenting an objective
and subjective evaluation and comparison between both the conventional and glass
subwoofer systems. In addition, a standardized testing procedure suitable for measuring
and evaluation of the glass subwoofer system acoustic properties is presented as a
recommendation for future implementations.
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CHAPTER III
THEORY
This chapter describes the theory associated with the digital signal processing
parameters used to measure, store and analyze the acoustical signals for the objective
analysis and the comparison of the two subwoofer systems under consideration. It also
describes the theory behind the sensors selected for the study used to obtain the
measurements including a discussion of the advantages and disadvantages of each,
particularly as it relates to the in-vehicle measurement environment.

The chapter

concludes with a description of the vehicle interior sound pressure and vibration
measurement techniques utilized.
3.1

Analog to Digital Signal Conversion
This section discusses the methods used to reduce analogue to digital conversion

errors such as aliasing and leakage which are associated with the frequency and chosen
sampling period of the acquisition process. The measurement apparatus is typically
comprised of: a) a sensor which has some characteristics that are sensitive to the
measured variable, and b) a transducer which converts change in characteristics to a
detectable signal [32]. This acquired signal is generally a time varying voltage which is
converted to a digital form by sampling and quantization process utilizing an analog to
digital converter (ADC). Sampling represents a method used to convert a time varying
signal to a discrete time signal of continuous amplitude by collecting discrete data values
at equal time intervals [32]. Quantization refers to a process of converting a continuous
amplitude signal to a discrete amplitude signal. In other words, it is a measure of
precision of amplitude conversion from analog to digital domain. For this study, the
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continuous analog signals of interest, sound pressure and acceleration were converted to
discrete signals, that is, they needed to be approximated or sampled. Sampling can be
considered as a product of a continuous analog signal and a discrete valued sampling
function of unit amplitude, resulting in a discrete time signal with equally spaced
amplitude values in time [32].

One of the main assumptions associated with this

approximation is to correctly identify a maximum frequency of interest and the sampling
frequency. As an example, the maximum frequency (fm), of a sinusoidal sound wave, is
equal to the inverse of its period (T) and is expressed as follows:
fm =

1
T

(3.1)

Sufficient number of samples is necessary to obtain a valid reconstruction of this analog
signal, or a sound wave [32]. In other words, time intervals between samples must be
small enough to maintain the maximum frequency.

The sampling frequency (fs) is

defined as follows:
fs =

Where:

1
Δt

(3.2)

Δt represents the time between the samples.
3.1.1

Sampling Frequency Considerations

Based on Shannon’s Sampling Theory and Nyquist Criterion, in order to extract
valid frequency information of the analog signal, the sampling frequency must be at least
2.56 times greater than the maximum frequency [32].
fs > 2.56 fm

(3.3)

Simply, the higher the sampling frequency, the higher is the likelihood of capturing the
maximum frequency contained in an analog signal.
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On the other hand, if a sampling

frequency is too low, it can generate a false frequency and can lead to an aliasing error.
The PULSE LabShop version 15 software used in this study uses the Nyquist Criterion to
determine sampling frequency based on the maximum frequency of interest specified in
software settings before each measurement.

The proper selection of the sampling

frequency was critical in this study to ensure accurate frequency content of measurement
data. The next section describes the consequences of a common measurement error
associated with an improperly selected sampling frequency.
3.1.1.1

Aliasing

Sampling at too low a frequency can lead to the problem called aliasing which can
cause erroneous results and invalid representation of original analog signal as illustrated
in Figure 3.1. The green continuous waves represent the analog signal, for example
sound pressure or acceleration, while the red dotted line shows sampling signal with too
low a sampling frequency. One can see that this sampling frequency does not capture all
necessary discrete points in order to accurately represent original signal.

Figure 3.1 – Aliasing Effect in the Time Domain [33]
This problem can be overcome by implementing the Nyquist Criterion which stipulates a
proper sampling frequency previously defined in Equation 3.3. The effect of aliasing is
also applicable in the frequency domain as illustrated in Figure 3.2. All multiples of
Nyquist frequency (fn) act as the folding lines for the frequency components labelled as
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f1, f2, f3, f4. Frequency f4 is folded back on f3 around line 3 fn, frequency f3 is folded back
on f2 around 2 fn, and frequency f2 is folded on f1 around fn. Thus all the signals at these
frequencies are seen as the signals at f1 and it can be concluded again that the lowest
frequency at which aliasing can occur is approximately half of the sampling frequency
(fs).

Figure 3.2 – Aliasing Effect in the Frequency Domain [33]
3.1.1.2

Filtering

Filters are used in this study to attenuate and remove the undesirable frequency
content from the dynamic signal. For example, low pass filter cuts off higher frequencies
above the specified cut-off frequency, whereas high pass filter removes lower frequencies
below cut-off limit. Band pass filter removes frequencies above and below a selected
frequency band, whilst notch filter cuts off frequencies within specified frequency band.
Illustration of different types of ideal filters is shown in Figure 3.3.
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Figure 3.3 – Different Types of Ideal Filters [32]
Real filters such as the ones used in this study, are less than ideal. An example shown in
Figure 3.4 illustrates that the position of the cut-off frequency must be made with respect
to maximum frequency and the roll-off characteristics of the filter. Typical roll-off point
occurs at 80 percent bandwidth so the rest of bandwidth might contain faulty data.

Figure 3.4 – Low Pass Real Filter [33]
Generally, analog to digital converters apply low pass real filters to the analog signal
prior digitization in order to prevent aliasing. For this study, when the equalizer filter
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was turned off the low pass filter was utilized. Its decay slope was -12 dB per octave.
The explanation of this real filter specification mentioned in the next section is now
clarified.
3.1.2

Sampling Period Considerations

The discrete time sampling associated with digital signal processing is
characterized with a certain sampling period [32]. For example, a continuous sine wave,
potentially representing a sound pressure or acceleration wave, should result in the single
spectral line, as shown in Figure 3.5.

Figure 3.5 – Single Spectral Line as a Result of Periodical Waveform [33]
In reality, this is only attainable if the sine wave is periodical in the time domain,
otherwise a leakage of energy occurs.

As this is one of the most common issues

associated with digital signal processing it is an important consideration in this study.
3.1.2.1

Leakage

Leakage of energy in the frequency domain, as described in Figure 3.6, is a
consequence of taking only a finite length of time data history. This issue is unavoidable
when dealing with digitally sampled signals. As a result, the goal is to minimize the
errors associated with leakage.
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Figure 3.6 – Leakage of Energy as a Result of Finite Length of Time Data [33]
Although leakage errors cannot be completely eliminated they can be greatly reduced by
employing various excitation techniques and by increasing the frequency resolution [32].
This effect can also be reduced by proper windowing method. Windowing was also
employed in this study and is explained in the next section.
3.1.2.2

Windowing

Windowing techniques are used to reduce the leakage of energy which can mask
the presence of small signals. It is due to the discontinuities at the edges of sampling
period which cause the leakage problem. This can be overcome by ensuring that the
sampled value is multiplied by zero at the beginning and the end of the sampling period,
thus creating the periodic sampling signal [32]. Although useful, windowing techniques
also give rise to errors itself by disturbing energy content of the data. Several different
types of windows exist. The most common ones include: rectangular (uniform) window,
Hanning window, and flattop window which are illustrated in Figure 3.7.
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Figure 3.7 – Different Types of Weighting Windows [33]
Rectangular windowing is generally used when leakage is not an issue since it does not
affect the energy distribution. The Hanning window is commonly applied to random
signals with the discrete frequency components, whereas flattop windowing is mainly
suited for calibration purposes. Their application is based on the type of excitation signal
and desired trade-off between dynamic range and resolution.

Based on the above

description, the Hanning window was the most appropriate window for use in this study
as mentioned in Section 4.3.1.1.
3.2

Excitation Signal Types
The following sections will briefly discuss the types of excitation signals used in

this study. The purpose of introducing various input signals was to investigate whether
or not they have an effect on the response of the two subwoofer systems, individually and
as compared to each other. It is important to emphasize the physical characteristics of
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these signals in terms of their similarities, but more importantly, their differences. Before
performing any testing and analysis involving excitation techniques, it is necessary to
select the type of the signal to be analyzed. The selection of a proper excitation signal
has an influence on the type of analysis and choice of analysis parameters. The most
fundamental division of signals is into stationary and non-stationary signals [34].
Average properties of stationary signals do not vary with the time and are independent of
the sample record used to determine them. This analogy applies to both deterministic and
random stationary signals. On the other side, instantaneous values of non-stationary
signals, both continuous and transient, are function of time.
3.2.1

Pseudo Random (Stationary Signal)

The use of random noise as a test source has the characteristic to spread the
signal’s energy uniformly over the desired audio spectrum [34]. The main disadvantage,
which makes the use of truly random noise impractical, is its inherent nature of
randomness. To overcome this issue and to yield absolutely accurate measurements it is
necessary to average the values over an infinite time interval. However, in practice, a
balance has to be made between averaging time and desired accuracy. The most efficient
way to accomplish this is by the use of a pseudo random signal shown in Figure 3.8.
Although similar to random noise, pseudo random signal is periodic in nature and
produces discrete power spectrum.

Figure 3.8 – Pseudo Random Signal Illustration [35]
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Generally there is no need for extensive averaging since the impulses repeat with every
period of time T which is the FFT record length [34]. A pseudo random signal can be
reproduced exactly and there is no spectral leakage if rectangular weighting is used. This
may be of benefit in the standardization of testing.
3.2.2

Swept Sine (Non-stationary Signal)

A sine wave can be described as a continuous cyclic wave form in which
amplitude fluctuates according to the sine function of the elapsed time [34]. Since it
contains only a single fundamental frequency it may be portrayed as the simplest sound.
When a sine wave is gradually varied in frequency value (typically from low to high)
over a specified frequency range, it is referred to as a swept sine or simply sweep. It is
the most common non-stationary signal utilized in practice and it is shown in Figure 3.9.

Figure 3.9 – Swept Sine Signal Illustration [33]

Because of its high immunity against distortion, low crest factor and high signal to noise
ratio, the swept sine signal is most readily used in frequency response measurements
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[36]. Compared to random noise, the swept sine signal provides much better coherence
characteristics between the input and output signal. Swept based measurements are also
less prone to negative effects of time variance.
3.2.3

Stepped Sine (Non-stationary Signal)

A stepped sine is another variation of a sine tone commonly used in
electroacoustics.

As oppose to a general sine wave where the amplitude gradually

fluctuates up and down over the course of the cycle, the stepped sine signal has a series of
steps associated with the voltage variations at specified frequencies.

All energy is

concentrated at the single frequency at the same time and a high SNR is realized [36].
After each individual measurement frequency is incremented by an arbitrary value
depending upon desired spectral resolution. Despite the considerable processing time
required, the stepped sine is a well established method when it comes to precise distortion
measurements [36].
3.3

Sound and Vibration Transducers
A proper selection and physical setup of sound and vibration transducers in this

study was an essential step to minimize the undesirable noise effects and to collect valid
data of the response to the physical excitations being measured.

A thorough

understanding of the sensor capabilities and limitations, as well as the type of the desired
output signal was established in this section, as related to the sensors used in this study.
3.3.1

Microphones

A microphone is the most commonly used transducer for acoustic measurements
which transforms small-amplitude pressure fluctuations into corresponding voltage
values. Microphones may include one of the following types of transducers: carbon,
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ceramic, condenser, moving coil, inductor, ribbon, magnetic, and semi-conductor [37].
The most common microphone design is the condenser microphone which is used in this
study and discussed in more detail. It is comprised of a microphone casing, protection
grid, and capacitor which incorporates a pair of metal plates, known as diaphragm and
backplate, separated by an insulating material [37]. When a small fluctuation in pressure
is sensed by the diaphragm plate, it deflects slightly and results in a change of the air
capacitance between the diaphragm and the backplate. This is due to the opposite
charges being formed on the plates by a polarization voltage. Depending upon the charge
formation, microphones can be characterized as pre-polarized, those which incorporate
internal charge, or externally polarized, those which require external power supply via
preamplifier [37]. Prepolarized microphones were used in this study. Diameter size is
another microphone characteristic that should be considered when selecting a sensor. An
increase in directional and amplitude sensitivity is achieved with larger diameter sized
microphones, whereas smaller diameter microphones have less influence on the sound
field. The ½” microphone is the most commonly used size for both high and low SPL.
Based on the testing environment, the microphones can be designated into two
categories: normal incidence microphone, utilized under the free-field conditions, and
random incidence microphone, utilized under the diffuse filed conditions. Free field
microphones were used for this study in order to capture the sound pressure in a
particular direction of interest, that is, the direction associated with the most sensitive
axis of the microphone(s), as explained in experimental details sections and illustrated in
figures in Chapter 4. For this study, the Bruel & Kjaer Type 4189 microphone was used
(see Appendix B for detailed specifications).
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3.3.1.1

Head and Torso Simulator (HATS)

Sound recordings were needed in this research to correctly represent the sound
perceived by a listener inside a vehicle. For this reason, recordings were obtained using a
Head and Torso Simulator (HATS) unit. The HATS is a standardized model representing
the human upper body and head where two free-field microphones are placed at the left
and right ears of the head. The HATS compensates for the shadowing effects of the
upper body and the head and gives a spatial impression of the sound perceived [38]. It
also allows for binaural replay of recorded signals for the purposes of improved
evaluation of sound quality.
3.3.2

Accelerometers

Accelerometers were used in this study to quantify the vibration of the rear glass
window. The accelerometer operating principle is based on the relationship between a
force applied on the mass and resulting acceleration.

A typical accelerometer is

comprised of a housing, seismic mass and a piezoelectric sensing element [39]. When
the housing is accelerated, seismic mass exerts a force on the piezoelectric crystals. The
crystals generate a charge proportional to the force created by the acceleration of the
mass which is converted to voltage. Careful mounting of the accelerometer is a necessity
for obtaining accurate measurements. Depending on various constraints, accelerometers
can be mounted in several different ways. Most commonly utilized technique includes
stud and adhesive mounting.

The accelerometers selected for this study were wax

mounted to minimize movement between the sensor and the glass, as well as to minimize
loading error due to their small size and weight.
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3.3.2.1

Integrated Circuit Piezoelectric Accelerometers

An integrated circuit piezoelectric accelerometer (ICP) is comprised of
microelectronic chip built into the transducer and signal conditioner which provides
constant current. Due to the low impendence voltage through the system, an excellent
signal quality can be achieved even if long cables are used. However, this type of
accelerometer is not suitable for extreme temperature and humidity environments due to
its electronic limitations. The ICP accelerometers, Type 4507 B selected for this study
provided the above mentioned advantages without any sacrifices to the accuracy of data
as harsh environmental conditions were not an issue in the experimental setup, described
in the next chapter.
3.4

Vehicle Interior Sound Pressure and Vibration Measurement Techniques
In order to evaluate characteristics of a subwoofer sound source, good quality

sound recordings were required.

These measurements are the starting point for

description of perceived sound and they involve different measurement techniques
depending on the type of sensor and the purpose of the experiment. Several methods are
briefly discussed in the following sections.
3.4.1

Monaural Recordings

The sound pressure field of a vehicle cabin can be characterized by using an array
of microphones spread throughout the vehicle passenger space [40].

Recordings

conducted via monaural method are suitable for quantifying physical indices of sound,
such as SPL and frequency response but are not aurally accurate for psychoacoustic
evaluation since the human hearing perception is different from that in the actual sound
field due to the effects of the human head and torso.
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3.4.2

Binaural Recordings

Differences in sound level and phase between the left and the right ear are due to
the complexity of the signal processing in human hearing and sound shadowing by the
human head.

The binaural method utilizes recordings which are collected via two

microphones placed in the physical model of the human head and torso.

These

microphones simulate human ears and take into account the combined effects of the
diffraction of the sound waves reaching the eardrums. As a result, binaural recordings
offer an advantage in terms of hearing sound in an aurally correct way [41].
3.4.3

Vibration Measurements

Vibration data was acquired using high quality accelerometers to evaluate the
vibration characteristics of the excited window structure to get more precise description
of the physical response of a glass subwoofer system.
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CHAPTER IV
EXPERIMENTAL DETAILS
One has to consider the properties of the instrumentation and the limitations Iin
order to obtain valid and repeatable results as well as the proper selection of measuring
techniques corresponding to the different stages of NVH testing. When performing any
type of experimental measurement, an attempt must be made to minimize all possible
extraneous sources to reduce any uncertainty errors. It is also very important to maintain
consistent operating conditions and other parameters which may influence the accuracy
of the measured data.
The following chapter describes the instrumentation, experimental set-up and
testing procedure related to sound and vibration measurements required to characterize
the impact of the rear glass subwoofer system on the vehicle interior sound quality. The
methodology used are based on experimental techniques employed in electroacoustics
and psychoacoustics intended for the prediction and evaluation of vibro-acoustic
characteristics of sound sources.
4.1

Equipment and Instrumentation
The equipment and instrumentation employed in the experimental procedure can

be classified in three categories:
•

Test vehicle and original audio system which has been modified to allow
for proper comparison of two different subwoofer systems

•

Testing environment used to facilitate the experimental procedure

•

Testing instrumentation and data acquisition system used to acquire and
process the experimental data
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4.1.1

Test Vehicle and Audio System

The primary goal of this study was to accurately define the acoustic
characteristics of the rear glass subwoofer system. In order to compare the alternative
technology to the existing one, a similar process must be applied for both systems. The
vehicle used for this study and shown in Figure 4.1 was a full sized sedan, 2008 Chrysler
300C, equipped with a basic audio system.

Figure 4.1 – Test Vehicle – 2008 Chrysler 300C
The audio system was comprised of a factory installed head unit with a built-in
amplifier and eight speakers, including the 10 inch factory installed subwoofer system.
The basic subwoofer specifications are found in Table 4.1 below with additional
information provided in Appendix B.

40

Table 4.1 – Chrysler 300C Factory Installed Subwoofer Specifications

4.1.2

Speaker Size

10"

Rated RMS power
handling

300 watts

Nominal Impedance

Dual 4-ohm/ Single 4-ohm

Mounting Cutout
Diameter

9-1/4" (235mm)

Mounting Depth

6-9/16" (166mm)

Linear Excursion

2"

Recommended Enclosure

0.5ft ³ (14.2 L) volume
sealed

Test Environment

The ideal subwoofer test environment would be to isolate the speaker in an
environment free of any immediate obstacles where the radiating sound from the source
is uniform in all directions and the sound pressure level decreases 6 dB per doubling of
distance from the source. This can be simulated in a fully anechoic room. Since the two
subwoofer systems had to be tested within a vehicle cabin which does not resemble freefield conditions, it was important that the background noise did not influence the
measurements. Because of the size constraints and unavailability of a fully anechoic
room, the vehicle was stationed in the University automotive research laboratory where
the background noise was within tolerable limits and had no effect on the measurements.
The background noise within the vehicle was measured to always be at least 15 dB lower
than the measured signal’s lowest sound pressure level, SPL, throughout the frequency
range of interest.
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4.1.3

Data Acquisition Hardware and Analysis Software

The acquisition system and software used for the study was Bruel & Kjaer
PULSE and version 15 of LabShop. This analysis software is capable of performing
acoustical acquisition and analysis including overall SPL and frequency analysis for both
steady state and transient signals.

It also enables recording for future signal post

processing. An additional module of PULSE, Sound Quality Type 7698, is used for the
sound quality analysis. This Sound Quality module is capable of analysing, editing and
playing monaural or binaural product sounds. It also allows for setting-up a subjective
evaluation and correlation to the objective results. More information can be found in the
Appendix B.
The data acquisition front end, a Bruel & Kjaer B-Frame Type 3560 B is utilized
in the experimental analysis. This unit includes five BNC input ports, one BNC output
port for the generator signal, and one BNC Tacho channel as well as a LAN port to
connect to PC.
One set of measurements was conducted using Bruel & Kjaer Type 4189
microphones placed in specially designed microphone fixtures located on all four
headrest positions in the vehicle. The other set of measurements involved a Bruel &
Kjaer Type 4100 head and torso simulator (HATS) mounted on a specially designed
fixture intended to replicate the natural position and height of a passenger. A set of 12
miniature DeltaTron Type 4507 B accelerometers were mounted on the rear glass surface
to acquire the vibration measurements.
Prior to the in-vehicle measurements, all microphones and HATS were calibrated
using Bruel & Kjaer sound level calibrator Type 4231 and Bruel & Kjaer calibrator
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exciter Type 4294. More information on the data acquisition system and instrumentation
can be found in the Appendix B.
4.2

Audio System Modifications and Set-up
In order to allow for the testing and evaluation of both subwoofer systems,

modifications to the original sound system had to be performed. These modifications are
classified in two groups pertaining to the subwoofer system being modified.

The

following sections discuss changes being made to the factory installed audio system as
well as additional components required to integrate the rear glass subwoofer system.
4.2.1

Integration and Set-up of the Upgraded Audio System

A factory installed head unit was replaced with the Kenwood KDC-X794. This
unit incorporates CD, MP3, USB and AUX inputs and allows for detailed digital set-up
of the sound output. This audio unit also features a 5-band equalizer, time alignment,
digital E’s-crossover, high and low pass filters with adjustable slope, and speaker size
optimization for better sound. For this study the equalizer was turned off and the low
pass filter with the cut-off frequency of 120 Hz was used together with the decay slope of
-12 dB per octave.
The factory installed built-in amplifier was replaced with JL Audio XD 600/6
amplifier which is a full range 6 channel car audio amplifier dedicated for all speakers
inside the test vehicle with the exception of the subwoofer. A separate single channel
amplifier, JL Audio XD 600/1 is used to amplify the signal to the conventional
subwoofer.

Both amplifiers were professionally installed in the vehicle’s luggage

compartment and wired to the audio system.

It is important to mention that no

modification was done to the factory installed speakers and subwoofer system.
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Additional information of the installed equipment is given in Appendix B. Detailed
wiring diagram of modified audio system can be found in Appendix C.
4.2.2

Integration and Set-up of the Piezoelectric Actuators and Amplifier

The piezoelectric actuators used to excite the glass, shown in Figure 4.2, were
designed and built by Magna International. Two of each of the piezoelectric actuators are
mounted along the bottom edge of the automobile’s rear window as shown in Figure 1.2.
The actuators are electrically connected to the vehicle audio system using the specially
designed piezoelectric amplifier shown in Figure 4.3. The piezoelectric amplifier has a
current input BNC connector and monitor as well as a voltage BNC input with monitor.
The amplifier allows for the setting of a mean piezoelectric voltage and incorporates
warning lights for over and under voltage. Detailed manufacturers specifications for this
instrument are not currently available.

Figure 4.2 – Magna Piezoelectric Actuator
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Figure 4.3 – ScienLab Hybrid Amplifier for Piezo Actuators
To allow for interchangeable switching between the conventional and the glass
subwoofer system while being engaged, a switch board which is shown in Figure 4.4 was
installed in the centre console of the vehicle.

This includes 4 switches that can

simultaneously turn on or turn off a group of selected speakers as well as a switch
between the conventional subwoofer system and the glass subwoofer system. In order to
make the operation of the switchboard possible, an LC8i Audio Control unit, shown in
Figure 4.5 was installed in the vehicle luggage compartment and connected to the rest of
the audio system as shown in the wiring diagram provided in the Appendix C. General
features of LC8i Audio Control unit can be found in Appendix B.
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Figure 4.4 – Custom Made Switchboard to Switch between Subwoofer Systems

Figure 4.5 – LC8i Audio Control Unit

4.3

Test Procedure
This section describes the technical procedure used to evaluate the impact of the

rear glass subwoofer system on the vehicle interior sound quality. It can serve as a
testing guidance for future tests of this kind to be performed on any type of a vehicle
which incorporates the glass subwoofer system. The execution of the experimental
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procedure suitable for measuring and evaluation of the glass subwoofer system acoustic
properties involves objective and subjective testing described in the following sections.
The same testing procedure is used to obtain results for the conventional subwoofer
system in order to make comparisons.
4.3.1

Objective Evaluation

An objective evaluation that allowed the commonly employed standard procedure
is conducted in all 4 seats inside the vehicle in order to acquire both the physical indices
of sound and the psychoacoustic sound quantities of two different subwoofer systems.
Work is divided in four sections which include the set-up and analysis of generated
signal, as well as the monaural, binaural, and vibration measurements.
4.3.1.1

Excitation Signal Generator and Analyzers Set-up

Before starting the measurement process it was necessary to correctly set-up a
generated signal and the analyzer used to process the signals subsequently. During the
objective part of the experimental procedure, three different signal types are utilized to
excite the subwoofer systems which include: swept sine, pseudo random noise, and a
music wave file with a strong bass content. Each of these is described below.
Swept Sine Excitation
•

In the swept sine excitation, the generator’s signal level is predetermined and set
to 500 mVrms in order not to overload a subwoofer system while assuring
adequate input level.

•

The signal frequency is set to start at 1 mHz and finish at 200 Hz, which
corresponds to the low frequencies produced by typical subwoofers.
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•

The sweep is linear and set to a rate of 3Hz/s in order to assure a gradual
propagation of sound wave thorough the frequency of interest.

•

The recorder was set for full frequency range with maximum recording length of
70 seconds since it tooks 66.6 seconds for the sweep to finish.

•

The frequency of FFT analyzer is set to be 200 Hz since it corresponds to the
frequency of interest.

•

The number of spectral lines, based on which the frequency resolution, time
block, and sampling time are calculated, is also set to be 200, but other values can
be used. However, in order to conduct valid data, the product of bandwidth and
measurement time value must be at least one or greater. For example, if a very
small frequency span is chosen, then a corresponding measurement time must be
large.

•

For the spectrum averaging, a peak mode is selected and with the time being fixed
to 70 seconds it will produce 208 averaging samples. Peak mode is chosen since
the spectral energy of the sine wave is concentrated into one frequency and the
sine wave reaches its peak value at each cycle. Peak mode indicates the largest
amplitude of each spectral line. When a new sample is included, values are
compared at each frequency and the largest one is preserved.

•

The overlap required to obtain a real time analysis is set to be 66.67%. This gives
a uniform overall weighting when employed with a Hanning weighting function
which is a type of weighting commonly used for transient signals.
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•

The constant percentage bandwidth, CPB, analyzer is set to 1/3 octave filter
bandwidths with lower centre frequency of 1 Hz and upper centre frequency of
200 Hz.

•

The averaging mode is set to exponential in order to place emphasis on the latest
sample.

•

Averaging time is set to 1 second and no weighting is used.

Pseudo Random Excitation
•

For the pseudo random excitation a generator’s signal level is predetermined and
set to 500 mVrms in order not to overload a subwoofer system while assuring
adequate input level.

•

The signal frequency span is set to 200 Hz, with number of spectral lines set to
200 as well.

•

The recorder is set for full frequency range with maximum recording time of 20
seconds, which is the adequate time length for deterministic random signal.

•

The frequency of FFT analyzer is set to be 200 Hz since it corresponds to the
frequency of interest.

•

Similarly to the swept sine excitation, the number of spectral lines is set to 200.

•

The linear mode is selected for the spectrum averaging and with the time being
fixed to 20 seconds to produce 58 averaging samples. Linear mode is chosen
since the spectral energy of the pseudo random noise is evenly distributed across
all frequencies and it reaches its peaks rarely. Linear mode places equal emphasis
on all samples.

•

The overlap is set to be 66.67%.
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•

The CPB analyzer settings are left the same as in the swept sine excitation.

Music Wave File Excitation
•

For the sound quality and loudness analysis, a music recording with strong bass
content is played in the car audio system and recorded for approximately 30
seconds.

•

The recorder was set for full frequency range.
4.3.1.2

Monaural Measurements

The monaural measurements employ both swept sine and pseudo random
excitation settings since both types of wave forms are used one at the time to conduct the
experimental procedure. A set of four microphones are placed in a specially designed
fixture located at all four headrest locations inside the vehicle as shown in Figure 4.6.
The microphones were placed on the side closer to the windows to capture the highest
sound pressure levels. The vehicle was running at idle speed and all doors and windows
as well as the sun-roof were closed during the measurements. First the conventional
subwoofer was excited and measurements were recorded. The same procedure was then
repeated for the glass subwoofer system. Each set of measurements was repeated three
times to verify adequate measurement repeatability. Using these, quantitative evaluations
including frequency response and total harmonic distortion were determined.
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Figure 4.6 – Microphone Set-up for Monaural Measurements
4.3.1.3

Binaural Measurements

The binaural measurements used the same music wave file which was used for the
subjective evaluations. This is done to allow for the comparison and correlation of the
objective results with the subjective responses. The head and torso simulator was placed
in a specially designed fixture located in the driver seat location inside the vehicle as
shown in Figure 4.7. As was done for the monaural measurements, the vehicle was
running at idle speed and all doors, windows, and sun-roof were closed during the
measurements. Measurements are also conducted for both subwoofer systems. Each set
of measurements were repeated three times to verify adequate measurement repeatability.
Using these measurements, the psychoacoustic quantity of loudness was determined.

Figure 4.7 – HATS Set-up for Binaural Measurements
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4.3.1.4

Vibration Measurements

A swept sine excitation signal was used for the conducted vibration
measurements. A set of 12 uniaxial accelerometers were located the outside surface of
the rear glass as shown in Figure 4.8. The vehicle was turned-off and all doors and
windows as well as the sun-roof were closed during the measurements. Only the glass
subwoofer system was excited for this test. Each set of measurements were repeated
three times to verify adequate measurement repeatability.

These additional

measurements were conducted to better investigate the total harmonic distortion and
sound contamination between the input and output signal. They were also used to
identify dissimilarities between the two piezo actuators and uneven displacement of the
rear glass.

Figure 4.8 – Accelerometers Set-up for Vibration Measurements
4.3.2

Subjective Evaluation

Subjective tests which involved 27 jurors consisting of University students aged
18 to 25 were performed inside the vehicle in the driver seat position. The jurors
performed a paired comparison of sound by switching between the baseline glass
subwoofer system and the upgraded conventional subwoofer system. Each evaluator was
instructed to select their preferred system based on their subjective experience while
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listening to a musical composition with significant low frequency content. The tests were
blind since the jurors did not know which sound corresponded to which subwoofer
system while they manually switched between the two systems during the test. Each
juror sat in the vehicle and listened to each individual subwoofer system for
approximately 30 seconds. The listening environment was free from any influences
including excessive background noise or other participants.
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CHAPTER V
DATA ANALYSIS METHODS
Various analysis techniques were used to investigate the impact of the rear glass
subwoofer system on the vehicle interior sound quality and to evaluate the acoustical
characteristics of the sound source.

Due to the unconventional nature of the low

frequency source found in this study, a traditional electroacoustic evaluation was
modified and combined with a psychoacoustic investigation. A brief foreword of the
analysis methods has already been provided in the earlier sections in the form of general
characteristics and the developmental stage. This chapter will focus on the theoretical
aspects of data analysis methods and their relevance to this study. The analysis is divided
into five categories and includes the following:
•

Basic frequency analysis (FFT and CPB) used for determination of
frequency content and SPL of a sound produced by subwoofers,

•

Frequency response function and coherence used to obtain and validate the
relationship between input content and output characteristics of the
subwoofer system,

•

Total harmonic distortion used to grade the linearity and distortion of the
subwoofer system,

•

Loudness and sound quality used to closely predict the subwoofer’s sound
perception by the listener in the vehicle, and

•

Subjective evaluation and paired analysis used to validate the objective
parameters and to gain a better understanding of how different subwoofers
are appreciated by potential customers
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5.1

Fast Fourier Transform (FFT) and Constant Percentage Bandwidth (CPB)
The fundamentals of a traditional frequency analysis are related to applications of

Fourier analysis. This methodology is based on the assumption that real world signals
are periodic in nature and contain a finite number of discontinuities in a cycle. For such
signals, the Fourier series apply and can be described as follows:
∞

x(t ) = A0 + ∑ Sx sin(
n =1

2πn
t + φn*)
T

(5.1)

where:
T represents a period of the function, and
A0, An, Bn, Sx, and φn* are constant coefficients

the constants can be further defined as follows:
A0 =

An =

Bn =

2
T
2
T

1
T

T /2

∫

x(t ) cos

−T / 2
T /2

∫ x(t) sin

−T / 2

Sx =

T /2

∫ x(t )dt

(5.2)

−T / 2

2πn
tdt ;
T

n = 1,2,3...

(5.3)

2πn
tdt ;
T

n = 1,2,3...

(5.4)

An 2 + Bn 2

φn* = tan − 1

An
Bn

(5.5)

(5.6)

Based on the integration limits, it is observed that all coefficients are evaluated over one
cycle which emphasizes the requirement for a function to be periodic. However, most
real world signals are not periodic in nature and certain mathematical transformations are
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needed to evaluate their frequency content. To be able to investigate transient signals and
their frequency content, a Fourier series must be rewritten in alternative form as shown in
equation 5.7:
∞

∑Se

x( t ) =

j

x

2πn
t
T

(5.7)

n = −∞

Sx can be defined as:

1
Sx =
T

T /2

∫

x(t )e

−j

2πn
t
T

(5.8)

−T / 2

where:

Δf represents the frequency resolution, and T represents the time period which
approaches infinity for non-periodic function
Perhaps, the most useful representation of a Fourier transform is in its numerical form
called the Discrete Fourier Transform (DFT) which is used for digitally sampled data and
is defined as:
x(t ) = lim

Δf → 0

∞

∑ Sxe

j

2πn
t
T

Δf

(5.9)

n = −∞

Due to computational intensiveness of the DFT, this transform is not often practical if the
number of collected samples is large. The Fast Fourier Transform (FFT) is another
algorithm which is used to greatly reduce the number of computations and to obtain the
DFT more efficiently. Due to the nature of this algorithm, it is required that the number
of sampled data is of the order 2n where n represents the number of samples. One of the
great advantages of an FFT is in the fact that it preserves phase information thus allowing
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for the transformation in either direction. It is desirable to use an FFT with a long time
window for the better frequency resolution at low frequencies [38].
Constant percentage bandwidth (CPB) is another representation of data analysis.
This analyzer consists of a group of filters whose bandwidth is a fixed percentage of its
centre frequency and thus expands on a logarithmic scale at higher frequencies allowing
for the better resolution. Depending on the percentage of bandwidth relative to its centre
frequency, these filters can be distinguished as 1-octave bands, 1/3 octave bands, etc. For
example, the 1-octave band is typically a 70.7 % filter since its bandwidth is always 70.7
% of its centre frequency, whereas the 1/3 octave band filter is always 23 % of its centre
frequency. This is defined in the equation below:
⎛ BW
CPB = ⎜⎜
⎝ fc

⎞
⎟⎟ • 100%
⎠

(5.10)

where:
BW is the bandwidth, and
Fc represents the centre frequency defined as:
fc =

5.2

f 1• f 2

(5.11)

Frequency Response Function (FRF) and Coherence
As a critical evaluation parameter for the subwoofer’s acoustical characteristics, a

frequency response analysis was performed for the two different subwoofer systems. The
frequency response function (FRF) can be defined as the ratio between the output and
input signal in the frequency domain and is used to describe the dynamic behaviour of the
system. Theoretically, the FRF is developed based on the linear spectra, autopower
spectra and crosspower spectra of the input and output signals. The linear spectrum is
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simply a Fourier transform of a time spectrum whose real and imaginary components
correspond to frequency content. The autopower spectrum is a very useful form of
computed FFT frequency spectra and is equivalent to the square of the magnitude of the
linear spectrum. It is very helpful in identifying key frequency components, but since all
imaginary content is removed (thus resulting in spectrum composed of real values only),
the phase information is lost and the original time signal cannot be recreated. Autopower
spectra can be defined as following:
Sxx (ω ) = X (ω ) ⋅ X * (ω )

(5-12)

where:
X(ω) is a real component of linear spectrum
X*(ω) is an imaginary component of linear spectrum

The crosspower spectrum is commonly used in an analyzer to calculate frequency
response and coherence. It can be defined as the product of the signal’s linear spectra
and complex conjugate of the other one, as indicated in the equation below:
Sxy (ω ) = X (ω ) ⋅ Y * (ω )

(5-13)

were:
X(ω) and Y(ω) are the specific frequencies of two signals

As oppose to autopower spectrum, the crosspower spectrum includes the phase
information.
The frequency response function can then be defined as following:
H 1(ω ) =

Sxy (ω )
Sxx(ω )
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(5-14)

where:
Sxy is a product of linear spectrum of one signal and complex conjugate of the

linear spectrum of another,
Sxx is a product of real and imaginary components in auto-spectrum

As stated earlier, the main purpose of this analysis was to measure the input/output
relationship of the two systems and describe the dynamic behavior. This applies only if
there is no noise contamination of the signal and direct relationship between output and
input exists. To verify that a linear relationship exists, the coherence parameter was
calculated.
Coherence expresses a degree of linearity between two signals and is defined as:

γ =
2

Syx

2

Sxx ⋅ Syy

(5-15)

where:
Syx is the product of linear spectrum of one signal and complex conjugate of the

linear spectrum of another,
Sxx is the product of real and imaginary components in the auto-spectrum,
Syy is the product of real and imaginary components in the auto-spectrum

A coherence value ranges between 0 and 1 where the value of unity indicates an ideal
system and measurement conditions. If the value is less than one, which is typically due
to the presence of noise, the quality of the frequency response function is affected.
Figure 5.1 demonstrates a valid estimate of the frequency response function with respect
to the associated frequency range.
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Conventional Subwoofer vs. Glass Subwoofer - Frequency Response
(Driver)
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Figure 5.1 – Example of Valid Estimate of System’s Frequency Response Function

5.3

Total Harmonic Distortion (THD)
In addition to frequency response, linearity is another valuable parameter for the

overall acoustic characterization of a subwoofer system.

Most real life systems

demonstrate linear characteristics within a certain range of input level, but once that level
is exceeded, other spurious frequencies different from the ones applied at the input appear
at the output of the system. One method of evaluating these frequencies is to obtain the
harmonic distortion values and calculate the total harmonic distortion percentage. The
total harmonic distortion percentage can be calculated as follows:
(x22 + x32 + ...xn2 )
%THD = 100 ⋅
(x12 + x22 + x32 ...xn2 )

where:
Xj represents detected level response at its distortion order
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(5-16)

In order to obtain THD values, one tone is used as an excitation signal and the
frequencies measured are integer multiples of the excitation frequency.

The total

harmonic distortion was calculated for both of the subwoofer systems in order to evaluate
and compare the non-linear behaviour of the two systems.
5.4

Sound Quality and Loudness
Sound quality is an analysis method used in this study to quantify the qualitative

characteristics of the subwoofer speakers. This analysis employs different sound quality
metrics to correlate the perceptual characteristics of sound to the physical quantities that
can be measured and categorized. It helps to identify if a sound is pleasant or unpleasant
to humans. As a subjective estimate of sound perception, loudness is an important sound
quality metric which is part of the analysis. Loudness is the only sound quality measure
used in this study, since the other common sound quality metrics including sharpness and
roughness, do not have a significant association with this type of sound source. A brief
historical background and theoretical explanation of loudness has already been given in
Chapter 2 of this thesis.
Since loudness accounts for temporal and masking effects and thus being
frequency dependent, the same analysis criteria as for FFT analysis must be applied in
order to compute loudness. Loudness at each ear is obtained by the following equations:
LN = 40 + 10log 2N

for N ≥ 1 sone

LN = 40 ⋅ ( N + 0.0005) 0.35

for N < 1 sone

The software then averages loudness at each ear to obtain binaural loudness value.
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(5.17)
(5.18)

5.5

Subjective Evaluation and Paired Analysis
A subjective evaluation was conducted to verify the results found by the objective

analysis and to better understand how potential customers would rate the sound of the
two different subwoofer systems. Some theory about the subjective evaluation and
analysis details of the paired comparison has been previously given in Chapter 2. For the
subjective analysis, a music recording with a strong bass content was played through the
car audio system for approximately 30 seconds. Two arguably different sounds were
produced, corresponding to the different subwoofer systems, and played in pairs for
evaluation. A paired comparison was used in which the jurors were asked to select their
preferred sound. Two pairs were generated with one being in the reverse order from the
other one. This allowed for the results of each juror to be checked for consistency.
Psycho Acoustic Test Bench (BZ 5301), a tool of the Sound Quality Type 7698 module
was used to collect and analyze the scores. The scores were then automatically stored in
an Excel sheet which computed the correlation between objective and subjective values
via a linear regression method. As a result, the predicted values were compared against
the actual.
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CHAPTER VI
RESULTS AND DISCUSSION
The following chapter is a summary of the results for this study including the
single and dual channel frequency response, total harmonic distortion, loudness and the
subjective evaluation for both subwoofer systems. The prototype glass subwoofer system
is acoustically characterized and compared to an upgraded factory installed conventional
subwoofer system. The following discussion begins with a background noise evaluation
and discusses the data repeatability results. The output response of the two systems is
discussed next followed by the dual channel frequency response where both output and
input signals are evaluated simultaneously. The discussion continues with the total
harmonic distortion results, after which the binaural loudness for both subwoofer systems
is quantified and correlated with the subjective evaluation results.
Figure 6.1 compares the results obtained for pseudo random signal used to excite
both subwoofer systems relative to the background noise during the measurements. It is
demonstrated in this graph that background noise does not have a significant influence on
the measured signal since noise within the vehicle is at least 15 dB lower than the lowest
SPL for the measured signal throughout the frequency range of interest. Similar results
are shown in Figure 6.2 where a swept sine signal is used to excite the subwoofers. A
greater difference of approximately 25 Hz between the measured signal’s lowest sound
pressure level and highest peak of background noise is obtained throughout the frequency
range of interest. These results demonstrate sufficiently low background noise for the
objective and subjective acoustic evaluation of the two subwoofer systems.
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Figure 6.1 – Background Noise vs. Pseudo Random Signal - 3rd Octave CPB
Comparison
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Figure 6.2 – Background Noise vs. Swept Sine Signal - FFT Comparison

64

As mentioned in the experimental set-up section, each set of measurements was
repeated three times to verify adequate measurement repeatability. Figure 6.3 below
illustrates three test runs for the conventional subwoofer system excited by a pseudo
random signal. Results for all four measurement locations in the vehicle are computed
simultaneously and they clearly demonstrate a high level of data repeatability. Minor
differences are observed at the lowest frequencies of interest, approximately between 20
Hz and 25 Hz, for the second run relative to the first and third run. As such, the first run
data is selected for the further discussion of results.
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Figure 6.3 – Data Repeatability for Conventional Subwoofer System – Pseudo Random
Signal - FFT Comparison
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Similar results are obtained for the glass subwoofer system test runs as shown in
figure 6.4. Due to similarities to the other two test runs, the first run is selected as a
primary collection of data for further discussion of results.

This demonstrates the

repeatability of the data collection and concludes reliable and repeatable results. Data
repeatability for the swept sine measurements can be found in Appendix A.

Glass Subwoofer - Data Repeatability
[dB/20u Pa]
80
70

Driver

60
50
[dB/20u Pa]
80
70

Front Right

60
50
[dB/20u Pa]
80
70
[dB/20u
Pa]
60
70
80
60
50
[dB/20u Pa]
[dB/20u
Pa]
70
80
60
80
50
[dB/20u Pa]
70
80
70
60
50
60
[dB/20u
Pa]
80
70
50
60
50
20
Glass
Glass
Glass
Glass
Glass
Glass
Glass
Glass
Glass
Glass
Glass
Glass

Rear Left

Glass Subwoofer - Data Repeatability

Rear Right

40
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer
Subwoofer

60

123123123123-

80
[Hz]
(Driver) (Real) \ FFT
(Driver) (Real) \ FFT
(Driver) (Real) \ FFT
(Front Right) (Real) \ FFT
(Front Right) (Real) \ FFT
(Front Right) (Real) \ FFT
(Rear Left) (Real) \ FFT
(Rear Left) (Real) \ FFT
(Rear Left) (Real) \ FFT
(Rear Right) (Real) \ FFT
(Rear Right) (Real) \ FFT
(Rear Right) (Real) \ FFT

100

120

Figure 6.4 – Data Repeatability for Glass Subwoofer System – Pseudo Random
Signal - FFT Comparison

It is important to acknowledge in this study that a subwoofer is an omnidirectional source with a path of sound propagation which is uniform 360 degrees.
Having said that, most of the frequency response differences between the left and right

66

side measuring locations in the vehicle are due to the room acoustic of the cabin. More
obvious differences are seen between the measurements taken at the front measuring
locations and those taken at the rear measuring locations. Much higher sound pressure
levels are experienced at the rear locations which are the result of the shorter distance
between the sound source and a receiver. Discussion of the results concentrates at the
driver measurement location and compares the acoustic characteristics of both subwoofer
systems at that location. Results for the remaining three measurement locations can be
found in Appendix A.
6.1

Single Channel Frequency Response Results
A comparison of the measured CPB spectra revealed the output characteristics of

the two subwoofer systems. The amplifier gain was set to obtain the same sound pressure
level for both the conventional and glass subwoofer systems. Even so, it can be observed
from Figure 6.5 that the amplitudes are different for the two systems at corresponding
frequencies throughout the frequency range. Higher sound pressure levels, as much as 10
dB, are found at the 31.5 Hz and 40 Hz frequency bands which indicate more dominant
performance of the conventional subwoofer over the glass subwoofer system. At the 63
Hz and 100 Hz frequency bands, the glass subwoofer system becomes more dominant
and overcomes the sound pressure level of the conventional subwoofer system with a
difference in amplitude of up to 8 dB.
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Conventional Subwoofer vs. Glass Subwoofer - CPB Comparison
(Driver)
[dB/20u Pa]
80

70

60
16

31.5

63

125

[Hz]
Conventional Subwoofer - (Driver) (Real) \ CPB
Glass Subwoofer - (Driver) (Real) \ CPB

Figure 6.5 – Single Channel Frequency Response – Pseudo Random Signal –
3rd Octave CPB Comparison

Referring to the output response, and considering that the frequency region where
popular music has most of its bass energy is between 60 Hz and 125 Hz [42], the glass
subwoofer system appears to be preferred over the conventional one.
6.2

Dual Channel Frequency Response Results
A dual channel frequency response was undertaken as a more realistic approach to

compare the sound characteristics of the two subwoofer systems. The output signal was
referenced to its original input and simultaneous measurements at the input and output
are performed, revealing slight deviations from the true flat response. Nevertheless, both
systems demonstrate a reasonably flat frequency response with gentle variations in
amplitude. For this study, a flat response is not necessarily expected for a real system as
it is measured at the driver’s ear and not in a free field directly in front of the loudspeaker
which is the approach normally used for the measurement of loudspeaker specifications.
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Instead, the real response is influenced by the automotive interior acoustics from the
source of the sound to the receiver at the driver’s ear. The seating arrangement, interior
materials and location of the listener all affect the absorption and transmission loss
characteristics of the perceived sound. The frequency response for both subwoofer
systems was within approximately ± 8 dB from 20 Hz to 120 Hz as shown in Figure 6.6,
if the anti-node at 63 Hz is excluded. As indicated by the dip in the coherence function, it
is evident in Figure 6.6 that a sharp anti-resonance in frequency response corresponding
to the conventional subwoofer system appears at 63 Hz. Studies have shown that these
rapid changes in the amplitude tend to produce a sound that is more fatiguing, less
pleasing, and subjectively less accurate [43].
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Figure 6.6 – Dual Channel Frequency Response – Pseudo Random Signal –
FFT Comparison
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An attempt was made to verify the response results for the two subwoofer systems
by using a different excitation signal; in this case a swept sine signal instead of the
pseudo random signal used in the previous analysis. Although the coherence between the
swept sine input and the output signals is improved, the frequency response still lies
approximately within ± 8 dB, within the range of 20 Hz to 120 Hz as shown in Figure
6.7, if the anti-node at 63 Hz is excluded. This implies that the dual channel frequency
response of the two subwoofer systems is independent of the excitation signal being used,
whether the signals are stationary or non-stationary.
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Figure 6.7 – Dual Channel Frequency Response – Swept Sine Signal –
FFT Comparison
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6.3

Rear Glass Vibration Measurements and Results
In order to investigate the glass subwoofer’s differences in frequency response

between the left and right side measuring locations, 12 accelerometers were mounted on
the outer surface of the rear glass as shown in Figure 6.8.
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Figure 6.8 – Rear Glass Vibration Measurements – Swept Sine Signal – FFT
Comparison
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One can see a similar frequency response in the frequency range between 20 Hz and 60
Hz. Beyond that region, differences in the response start to become more prominent.
The responses at the accelerometer locations 1 and 2 are quite similar which
demonstrates that the two piezoelectric actuators are contributing equally. Upon further
examination, one can notice an asymmetrical excitation of the rear glass. As the analysis
moves from the bottom edge to accelerometer locations 5 and 8, toward the mid section
of the rear glass, accelerometer locations 6 and 9, differences in the frequency response
become quite obvious. Similar behaviour is shown from the mid section, accelerometer
locations 6 and 9, towards the upper edge, accelerometer locations 7 and 10, of the rear
glass. This emphasizes that in practice glass does not behave as a rigid body but rather
demonstrates elastic characteristics, which are not ideally desired. If the analysis is
conducted from the left edge, accelerometer locations 3 and 4, towards the mid section,
accelerometer locations 6, 9, 7 and 10, of the rear glass, once again the differences in the
response can be observed. This becomes more prominent as the analysis continues
towards the right edge, accelerometer locations 11 and 12, of the rear glass. It can be
concluded that the glass subwoofer system, although being considered as omni
directional, still has a slight contribution to unsymmetrical frequency response.
6.4

Total Harmonic Distortion Results
It is well known that high level, low frequencies caused unwanted vibration in the

vehicle’s trim and body closures and greatly contribute to the sound distortions in the
vehicle [16]. Studies have shown that a total harmonic distortion of more than 1% is
audible by human hearing. In the case of the subwoofer’s low frequency nonlinear
distortions, the sensitivity threshold of human hearing increases to approximately 5% for
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real signals. However, it was previously stated that a typical automotive subwoofer
system commonly produces up to 10% total harmonic distortion [20]. Similar numbers
are demonstrated in this analysis. Results in Figure 6.9 and Figure 6.10 reveal the total
harmonic distortion for both subwoofer systems. It is noticed that the conventional
subwoofer system exhibits a higher peak at approximately 25 Hz but lower levels of
distortion than the glass subwoofer system throughout the rest of the frequency range.
Although this fact might be due to the challenging implementation of the glass subwoofer
system design, further development is required to reduce the excessive distortion level of
the glass subwoofer system.
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Figure 6.10 – Glass Subwoofer System - THD

6.5

Binaural Loudness and Subjective Evaluation Results
The outcome of the subjective analysis of the two systems is expected to

determine whether the differences between the two systems observed in the objective
analysis methods are significant in the perception of quality of sound. When the specific
loudness values of Figure 6.11 and Figure 6.12 are calculated into total loudness, the
objective results illustrate an arguable difference in loudness between the two subwoofer
systems of approximately 4.6 sones. However, the paired comparison subjective analysis
resulted in 15 individuals with a preference for the conventional subwoofer system, while
the other 12 individuals indicated a preference for the glass subwoofer system. This
demonstrates almost a split preference between the systems. Using a linear regression
analysis, an attempt was made to correlate these results with loudness measurements
shown in Figure 6.11 and Figure 6.12.

74

Binaural Loudness = 21.7 sones
[s]

[sone/Bark]

Binaural Loudness non stationary spectrum
Project Data

8
7.6
7.2
6.8
6.4
6
5.6
5.2
4.8
4.4
4
3.6
3.2
2.8
2.4
2
1.6
1.2
800m
400m
0

1.1
1
900m
800m
700m
600m
500m
400m
300m
200m
800m

1.2

1.6

2

2.4
[Bark]

2.8

3.2

3.6

Figure 6.11 – Conventional Subwoofer System – Specific Loudness
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Figure 6.12 – Glass Subwoofer System – Specific Loudness
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Figure 6.13 shows a plot of actual versus predicted preferences for both subwoofer
systems. The difference between the estimated and measured subjective results indicates
that loudness most likely does not completely illustrate all aspects of dissimilarities
between the perceived sound quality of the two systems. This can be explained by
knowing that the human hearing mechanism is less sensitive to sound level differences at
extremes of the hearing range (i.e. 20 Hz) [44]. It might be more prudent to refer to some
of the comments provided by jurors.

It was stated by many that the conventional

subwoofer sounded deeper and less distorted, but also less controlled and less defined
relative to the sound of glass subwoofer system.

One juror commented that the

conventional subwoofer system was similar to buffeting noise whereas the glass
subwoofer system felt more like a tingle in the back and bottom of the seat. Although it
is possible that the two systems demonstrated similarities to a certain extent, the
subjective preferences clearly stated that acoustic differences do exist and that they are
audible to the listener.
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Figure 6.13 – Subjective Test Results – Actual vs. Predicated Preference
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CHAPTER VII
CONCLUSIONS AND RECOMMENDATIONS
This chapter summarizes the conclusions, recommendations and contributions to
the engineering science and knowledge obtained from this study.
7.1

Conclusions
After a detailed analysis of the experimental results and referring to the objectives

stated in the introductory part of this work, the following conclusions are derived:
•

The impact of the glass subwoofer system on the vehicle interior sound
quality has been investigated. The effect and the contribution of the glass
subwoofer to the vehicle’s audio system sound quality are evaluated.
Based on the physical properties, including the low weight, size and power
consumption, as well as its acoustical characteristics, the glass subwoofer
system is considered to be representative of a green technology. This
technology demonstrates a great potential for a high quality audio system
for hybrid and electric vehicles as well as gas vehicles where fuel
consumption, interior space, and power usage are optimized for better
performance and overall customer satisfaction.

•

The rear glass subwoofer system is compared to the conventional
subwoofer system and a relationship between objective measurements and
subjective evaluations of both systems were obtained. Although the glass
subwoofer system characterized in this study is a prototype, the overall
results show that its acoustic characteristics are comparable to those of an
upgraded conventional subwoofer system.
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•

Objective acoustic evaluation of the two subwoofer systems showed
notable differences in performance. Both systems demonstrate reasonably
flat frequency response with gentle variations in amplitude. However,
frequency response graphs reveal differences in the amplitudes for the two
subwoofer systems at corresponding frequencies throughout the frequency
range. The total harmonic distortion performance is deteriorated for the
glass subwoofer system with around 10% total harmonic distortion
compared to around 5% total harmonic distortion of the conventional
subwoofer system. The conventional subwoofer system exhibits higher
loudness values throughout the frequency range of interest resulting in a
4.6 sones difference when compared to the glass subwoofer system.

•

Subjective evaluations resulted in perceivable differences in sound quality
between the two systems. In addition, out of 27 jurors, 15 individuals
indicated a preference for the conventional subwoofer system while the
other 12 individuals indicated a preference for the glass subwoofer system.
This was an almost a split decision between the two subwoofer systems.

•

A standardized testing procedure suitable for measuring and evaluation of
the glass subwoofer system acoustic properties was developed and
presented in Chapter 4 of this thesis.

•

Appropriate testing environment, instrumentation and experimental
techniques used to validate the acoustical characteristics of rear glass
subwoofer system are recommended for future implementations.
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7.2

Contributions to the Engineering Science and Knowledge
The contributions to the engineering science and knowledge obtained from this

study include:
•

The development of an objective acoustic evaluation method suitable for a
rear glass subwoofer system, a new, alternative, green technology, as
compared to the conventional automotive subwoofer system.

•

The awareness of the significance of complementing the objective
acoustic evaluation with subjective evaluation using human subjects to
evaluate sound quality of a subwoofer system. Ultimately, the automotive
customer’s perception is the deciding factor in the final assessment of
sound quality of any subwoofer system. It is not guaranteed that all
aspects of this perception are necessarily captured using the currently
available and common sound quality metrics as shown in this study.

7.3

Recommendations
The following recommendations provide suggestions for further investigation and

improvement of the rear glass subwoofer system sound quality and its applications.
•

Further investigation is necessary to determine factors influencing higher
total harmonic distortion levels of the glass subwoofer system. Possibly,
a modal analysis approach could be suitable for this type of investigation.
This would require disengagement of the rear glass subwoofer system in
order to achieve a fixed testing plane since the rear glass in the current
set-up is free to move along three mounting edges on the vehicle frame.
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•

Potential dissimilarity in the loudness values between the two systems is
suspected to be due to the extended frequency range of the glass
subwoofer system. Future research on this subject is necessary to make a
more definitive conclusion.

•

Ideally, a test fixture located in an anechoic room which allows for
independent vibro-acoustic testing of rear glass subwoofer system is
recommended. This would allow for traditional testing under free field
conditions and true electroacoustics characteristics including frequency
response and total harmonic distortion of the glass subwoofer system
would be possible.

• In addition to the intended purpose of an audio subwoofer, the glass

subwoofer system may be tuned to act as an active noise control
mechanism to minimize or fully prevent the occurrence of automotive
buffeting noise inside the vehicle.
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APPENDICES

APPENDIX A – Experimental Results

EXHIBIT A1: Background Noise vs. Pseudo Random Signal
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Conventional Subwoofer vs. Glass Subwoofer vs. Background Noise
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EXHIBIT A2: Background Noise vs. Swept Sine Signal
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Conventional Subwoofer vs. Glass Subwoofer vs. Background Noise
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EXHIBIT A3: Data Repeatability – Swept Sine Signal
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Glass Subwoofer - Data Repeatability
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EXHIBIT A4: Single Channel Frequency Response – Pseudo Random Signal
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Conventional Subwoofer vs. Glass Subwoofer - CPB Comparison
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EXHIBIT A5: Dual Channel Frequency Response – Pseudo Random Signal
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Conventional Subwoofer vs. Glass Subwoofer - Frequency Response Comparison
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EXHIBIT A6: Dual Channel Frequency Response – Swept Sine Signal
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Conventional Subwoofer vs. Glass Subwoofer - Frequency Response Comparison
(Rear Right)
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EXHIBIT A7: Total Harmonic Distortion (THD)
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Glass Subwoofer - THD Spectrum
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APPENDIX B – Equipment and Instrumentation Product Data Sheets
Subwoofer System - Boston Acoustics G210

95

96

Audio Head Unit – Kenwood KDC-X794

97

98

Amplifier Dedicated to Speakers – JL Audio XD 600/6

99

100

Amplifier Dedicated to Subwoofer – JL Audio XD 600/1

101

102

Audio Control – LC8i
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Data Acquisition and Analysis Software - Bruel & Kjaer PULSE v15
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105

106

Data Acquisition and Analysis Software - Bruel & Kjaer PULSE Sound Quality

107

108

Data Acquisition Hardware - Bruel & Kjaer B-Frame Type 3560 B

109

110

111

112

Sound Calibrator - Bruel & Kjaer Type 4231

113

114

115

Calibrator Exciter - Bruel & Kjaer Type 4294

116

117

HATS - Bruel & Kjaer Type 4100

118

119

Microphones - Bruel & Kjaer Type 4189

120

121

Accelerometers - Bruel & Kjaer Type 4507 B
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APPENDIX C – Test Vehicle’s Modified Audio System Wiring Diagram
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